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SUMMARY 

Several aspects of surface-acoustic-wave {SA W) transversal filters are 
discussed in the context of their possible application to signal equalisation in 
digital magnetic recording. The theoretical background to a pulse analysis and 
synthesis procedure is outlined, together with the principal features of a computer 
program for SA W filter design. The measured characteristics of some experi- 
mental filters support the general feasibility of the approach and reveal one of 
the design problems. 
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SURFACE-ACOUSTIC-WAVE TRANSVERSAL FILTERS FOR 
PULSE SHAPING IN DIGITAL MAGNETIC RECORDING 



K. Hacking. B.Sc. 



1 . Introduction 



An important aspect of digital magnetic re- 
cording is the analogue signal processing between 
the output of the replay head and the digital decod- 
ing circuits. It is largely at this stage that the maxi- 
mum signal-to-noise ratio and the minimum error 
rate of the recovered data are determined. In digital 
recording, the "write" process attempts to impress 
on the magnetic storage medium a sharp reversal in 
the direction of magnetisation at each transition 
(change of state) of the input signal. The "read" 
process then attempts to produce a very sharp pulse 
of current as each recorded magnetic transition 
moves across the replay head, so that ideally the 
output signal is a precisely differentiated version of 
the input signal. Of course, in practice, there are 
some distortions ; the output pulses are not sharp 
spikes but are blurred with pronounced "tails" and 
the time intervals between them do not correspond 
precisely with those of the input signal. At high 
recording densities, these output pulses can overlap 
significantly and this mutual interference introduces 
a degree of uncertainty in both the magnitude and 
relative positions of the pulses; this ambiguity 
erodes the margins for error-free decoding of the 
recovered data stream. Fortunately, and rather sur- 
prisingly, it appears that the signal distortions 
introduced are quasi-linear overall, so that a partial 
correction is possible by linear filtering or equalisa- 
tion techniques operating on the signal from the 
replay head. 

The most usual corrective approach has been 
to slim the central core of the output pulse by boost- 
ing the high-frequency portion of the pulse spectrum. 
This type of equalisation is often done simply by 
using a replay amplifier with a non-uniform ampli- 
tude/frequency gain characteristic. A study of pulse- 
slimming techniques and the potential improve- 
ments in recording density by this means was 
recently reported by Mackintosh 1 . 

A more precise control of output pulse shapes 
is afforded by using a transversal filter with a large 
number of taps. For example, pulse shapes similar 
to the optimum Nyquist forms 2 for minimum inter- 
symbol interference and noise in data communica- 
tions could then be generated. Among other pro- 
posals for increasing the linear packing density in 
digital recording, G. G. Scarrottt has suggested the 



use of surface-acoustic-wave (SAW) transversal 
filters for accurate pulse-shaping or signal equalisa- 
tion. In principle, SAW transversal filters can pro- 
vide a wide range of spectral characteristics and 
their amplitude and phase responses can be tailored 
independently. They also have the practical ad- 
vantages of reproducibility, reliability and com- 
pactness. 

SAW filters are inherently bandpass filters, 
however, and for the baseband application described 
in this Report they have to be used in conjunction 
with r.f. modulation and demodulation circuits. 



2. SAW transversal filters 

SAW devices have been discussed extensively 
elsewhere 3 , but for completeness a brief description 
of their principal features is given in this Section. 
The facilities existing in Research Department for 
producing simple forms of SAW devices for experi- 
mental work have been described in an earlier 
Report 4 . 

Acoustic waves can be generated on the polish- 
ed surface of a piezo-electric substrate by applying 
an alternating voltage to a pattern of conducting 
electrodes deposited on its surface. Fig. 1 shows 
two typical electrode patterns or inter-digital trans- 
ducers which consist of sets of interleaved metallic 
fingers alternately connected to different bus-bars. 
In Fig. 1 a, the amount of overlap between successive 
fingers is constant and this is the usual unapodised 
transducer arrangement for launching a plane wave. 
Conceptually, each elementary section or pair of 
fingers can be regarded as either a wave "source", 
when an alternating voltage is applied from an 
external supply, or as a wave "tap" when a wave 
passes under it and generates a voltage across the 
fingers. An apodised transducer pattern might be 
similar to that shown in Fig. lb, where the finger 
overlaps vary along its length. In transversal filter 
terms, the amount of finger overlap governs the 
amplitude "weight" of the tap, while the relative 



t Formerly Manager of the Research and Advanced Development 
Centre of International Computers Limited. Mr. Scarrotfs proposals 
were given in a paper presented at the Fourth International Video and 
Data Recording Conference. Southampton, April 1982. (See Ref. 7). 



PH-241 



piezo-eleclric substrate 



input 




acoustic absorber 



SAW 

— ■ ' ■■» 



n 



metal electrode 
pattern 



finger overlap 




output 



(a) (b) 

Fig. I — SA W transversal filter construction 

(a) unapodised interdigital transducer (transmitter) 

(b) apodised version with split fingers (receiver) 



position of the tap may be used to control its phase 
weighting; the final output is the summation (via 
the connecting bus-bars) of all the complex tap 
voltages. 

Unfortunately, because of the alternating 
nature of the applied voltage required to sustain 
wave propagation, SAW filters operate only as 
band- pass filters with centre frequencies typically 
above 10 MHz. Thus for baseband applications, 
like the one considered in this Report, it is necessary 
first to modulate an r.f. carrier with the signal to be 
filtered and then demodulate the filtered signal to 
transpose back again to baseband. 

The acoustic wave velocity depends on the 
particular piezo-electric substrate material chosen 
and on the direction of propagation relative to its 
crystallographic axes. For YZ lithium niobate, a 
commonly used substrate, the phase velocity is 
approximately 3.4 mm per microsecond. Therefore, 
in order to deal with recorder output pulses lasting 
three or four microseconds for example, one can 
expect that transducer lengths of about 10 to 14 mm 
will be required. At a carrier frequency of 27 MHz, 
say, the separations of the transducer fingers would 
be about 64 /jm and there may be over two hundred 
fingers in an apodised transducer. 

The finger patterns are formed on the substrate 
surface by photolithographic techniques similar to 
those used in the semiconductor industry for inte- 
grated circuit manufacture. Aluminium is the metal 
mostly used for the conductors although gold on 
nichrome is sometimes preferred for quartz sub- 
strates. 

Due to the inefficiency of the transduction pro- 
cesses from the electrical to the acoustic regimes and 
vice versa, there is normally a much greater insertion 
loss associated with SAW filters than with conven- 



tional electrical filters. Part of this is due to the fact 
that for simple transducer finger structures, as in 
Fig. la for example, acoustic waves are launched in 
both directions simultaneously and one of these has 
to be absorbed by putting a suitable material (e.g. 
wax) on the surface, otherwise it would be reflected 
from the substrate edges and interfere with the 
wanted wave. 



3. Fundamental considerations 

3.1. Digital recording characteristics 

As mentioned in the Introduction, digital in- 
formation is recorded on magnetic tape as a succes- 
sion of reversals in the direction of magnetisation at 
well-defined intervals corresponding to the changes 
in state of the input signal to the record head. 
Normally, the record amplifier is an electronic 
switch which simply reverses the polarity of the 
current flowing in the head. The magnitude of the 
record current is adjusted so that the tape is mag- 
netically saturated at the surface. If the record 
current is too high, the reversal region distends and 
the output pulse from the replay head is correspond- 
ingly broadened. If the record current is too low, the 
signal-to-noise ratio at the output may be signifi- 
cantly reduced. 

Many theoretical studies of the merits of 
various recording codes and pulse-shaping tech- 
niques have been based on the assumption that the 
well-known superposition principle applies. This 
general principle, when applied to digital magnetic 
recording, states that the output signal from the 
replay head due to a succession of write transitions 
is identical to the algebraic sum of the output signals 
from the individual transitions acting on their own. 
Thus, if the basic output pulse shape is known for 
an isolated transition, then the performance of the 
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system for any pattern of input transitions can be 
determined, providing also that the relative timing 
of the replayed pulses is not distorted. It is clearly 
imperative that if any subsequent linear filtering is 
to be effective the superposition principle must apply 
at all reversal densities up to the maximum en- 
visaged for the system. The general consensus of 
opinion from experimental measurements is that 
superposition seems to apply and this was also 
found to be so in our recording work. The results 
of a superposition validity check are given below in 
Section 5.3. 

Fig. 2 shows two output pulse shapes for a 
single-transition input which are typical of those 



normalised 
output current 




-3-2-1 1 2 

time (microseconds) — 



Fig. 2 — Typical output pulse shapes from recording 

heads 
Pulse A : earlier metal heads 
Pulse B: high-frequency version used in DVTR 

obtained using metal recording heads. Pulse A in 
Fig. 2 shows the measured result for an earlier metal 
head designed for digital recording work while 
pulse B refers to some higher-frequency metal heads 
used in an experimental 42-t rack DVTR constructed 
at the BBC Research Department 5 . For both pulses, 
the input current to the record head was a sudden 
(< 100 ns) transition in magnitude and the tape 
speed was about 3 m/s. It will be noticed from Fig. 2 
that the output pulses are asymmetrical, with the 
leading edges sharper than the trailing ones. This 
is usually the case and the degree of asymmetry 
appears to be a function of the record head current 6 . 
Furthermore, the width of the output pulses depends 
on the tape speed ; the pulses being narrower at 
higher tape speeds. Thus, for reel-to-reel forms of 
digital recorder running at a fixed tape-speed, the 
output pulses are of constant width. Disc recorders. 
however, differ in this respect because of the wide 
variation in head-to-disc speeds depending on the 
radial position of the heads. 



3.2. Ideal pulse shapes 

In digital recording, the input signal transitions 
occur at times which are precise integer multiples 
of a fixed minimum interval of time, T. For some 
digital recording codes, T corresponds to the re- 
corded bit-period and the data rate is then simply 
equal to 1/T. The basic process of data recovery 
involves sampling the amplitude of the replayed 
signal, at regular intervals of time, and making a 
decision as to whether or not a transition has 
occurred since the previous sample. In almost all 
practical situations, the replayed output pulses 
from neighbouring transitions overlap significantly, 
giving rise to inter-symbol interference which may 
have two deleterious effects in terms of data recovery. 
In the first place, the sample values may be con- 
taminated by the superposed contributions from 
the neighbouring pulse "tails" and, secondly, the 
optimum sampling instants (derived from the re- 
played signal) may not be midway between the edges 
of the pulse but at its peak and this may have been 
distorted by a so-called "peak pulling" effect. Thus, 
given the means to modify the replayed output 
pulse as required, the question of an "ideal" pulse 
shape arises. The optimum pulse shape is expected 
to be different for different recording arrangements 
and recording codes. Moreover, the optimum shape 
for minimising inter-symbol interference is not 
necessarily the optimum one for extracting the best 
timing information from the signal to control the 
sampling instants. Therefore, in a high-density 
recorder, there may be a need to have two different 
transversal filters. 

Fig. 3 shows some classical "ideal" pulse 
shapes and their Fourier spectra which were 
originally proposed by Nyquist for the suppression 
of inter-symbol interference in band-limited trans- 
mission systems 2 . The "ideal" pulse shape labelled 
Nyquist (1), Fig. 3a. is the familiar (sin x)/x form of 
impulse response associated with a rectangular 
spectrum or an ideal low-pass filter, with a cut-off 
frequency,/ c . The important feature of this pulse 
shape is the equally spaced zeros at intervals of 
(l/2/ c ) on either side of the peak value. Thus, if the 
output pulses occur at integer multiples of this 
interval, and the output signal is also sampled at 
these points, then there is no inter-symbol inter- 
ference. 

Fig. 3b shows another pulse shape, labelled 
Nyquist (2), whose first zeros occur at ±(3/4/ c ), but 
thereafter at regularly spaced intervals of (l/2/ c ). It 
has a cosine (first quadrant) shaped Fourier ampli- 
tude spectrum with a cut-off at f c , as shown in 
the Figure. As with Nyquist (1), the output pulses 
are spaced at integer-multiples of (l/2/ c ), but the 
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Fig. 3 — Classical pulse shapes for suppressing inter-symbol interference in band-limited data-transmission 

systems 

(a) Nyquist (1) (b) Nyquist (2) (c) Raised-cosine 
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sampling instants are now arranged to occur mid- 
way between the possible pulse positions. Therefore 
the only inter-symbol interference which can occur 
in this arrangement is that from a pulse in an 
immediately adjacent position, and this can be 
taken into account in the decoding process. The 
Nyquist (2) pulse has some attractive features 7 for 
a digital recording system, principally because of its 
shallow secondary lobes and small equivalent 
bandwidth. However, a full discussion of the merits 
of various pulse shapes is beyond the scope of this 
Report. 

Finally, Fig. 3c shows another well-known 
pulse shape which is associated with a "raised- 
cosine" Fourier spectrum. Because of its extremely 
shallow secondary lobes, it is far superior to the 
Nyquist (1) pulse for suppressing inter-symbol 
interference when the sampling instants are dis- 
torted, but the minimum separation of the recorded 
pulses is doubled (l/f c ) for the same system cut-off 



frequency,/,.; this penalty is not usually acceptable 
in high-density recording systems. 

3.3. Fourier analysis 

Fig. 4 shows a general schematic arrangement 
for data recovery in a digital recorder using trans- 
versal filters. The starting point in the equalisation 
process is the derivation of the response character- 
istics up to the point A in Fig. 4, just prior to the 
transversal filters. One way of doing this is to run 
the recorder and measure, using an oscilloscope at 
the point A, the temporal response to a regular 
sequence of input transitions well separated in time. 
Suppose P{t) is the measured output pulse for a 
single input transition, then its corresponding 
Fourier spectrum G(f) may be calculated by 
numerical integration using 



+ L 



G(f)= , P(t)exp(-j2nft)dt 



(1) 
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Fig. 4 — General arrangement for data recovery in a digital recorder using SA W transversal filters 



where / = frequency and 2L is an interval over 
which P(t) is significantly greater than zero. G{f) 
can be regarded as the intrinsic frequency response 
of the recorder, including the replay amplifier. 

Normally, the measured pulse P[t) will be 
asymmetrical and it is then useful to express it as 
the sum of an even function P e (t) and an odd func- 
tion P U). Also, the Fourier spectrum G(f) will be 
complex and may be written as 



G(f) = G e (/) - jG (/) 



.-(2) 



where G t (f) «-» P e U) and G (f)~ P (t\ the double 
arrows indicating Fourier transform relationships 
similar to equation (l). More conveniently, G(f) 
can be expressed in terms of an amplitude spectrum 
A{f) and a phase spectrum <f>(f) by writing 



where 
and 



G(/) = <4(/)exp[-JW)] 
A(f) = [G 2 (f] + G 2 (f)Y 12 

^(/) = tan- , [C (/)/G e (/)] 



P) 



(4) 



Fig. 5 illustrates these relationships in graphical 
form. Suppose the measured single-transition pulse 
shape is that shown in Fig. 5a, where the normalised 
pulse amplitude is plotted against time in micro- 
seconds. This shape can be resolved into the odd and 
even components shown in Fig. 5b. Their corres- 
ponding Fourier transforms, which are also odd 

Fig. 5 — Spectral analysis oj measured output pulse 
(a) measured pulse 
{b) resolution of pulse into odd and even components 

(c) Fourier transforms of odd and even components 

(d) amplitude and phase spectra of pulse 
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and even functions respectively, are shown in Fig. 
5c. Finally, Fig. 5d shows the amplitude and phase 
spectra of the pulse, as expressed by equations (3) 
and (4). 

The next stage is to deduce the spectral charac- 
teristics of the transversal filter which would be 
required to operate on P(t) in order to produce a 
specified "ideal" pulse shape, say P'(t), in the 
equalising process. Usually, P'{t) is a symmetrical 
pulse and therefore its phase spectrum can be made 
zero by the correct choice of origin. Moreover, its 
amplitude spectrum often corresponds to a simple 
analytical function, such as one of those given in 
Fig. 3 previously. Suppose, for example, we are 
interested in obtaining a Nyquist (2) type of pulse 
which has a zero phase spectrum </>'(/) and an 
amplitude spectrum A'{f) given by 



A'(f) = 



cos(*//2/;), 
0, otherwise. 



</c 



.(5) 



where/,, is the chosen cut-off frequency. This Nyquist 
(2) amplitude spectrum, together with its zero phase 
spectrum, is shown in Fig. 6a. Let A"(f) and <p"(f) 
be the amplitude and phase spectra, respectively, of 
the transversal filter required to obtain the Nyquist 
(2) pulse, then 



and 



A"(f) = A'(f)/A(f) 
V(f) = 4>'(f) - <Kf) 



(6) 

(?) 



These filter characteristics are plotted in Fig. 6b and 
it will be noted that, because <p'(f\ is taken to be 
zero, (f)"(f) is simply the measured pulse phase- 
spectrum <p{f) but with opposite sign. 

Although the method has been outlined above 
in terms of a specific example, the mathematical 
procedure is obviously quite general and can be 
used to cater for most situations. There is. however, 
a slight dilemma in the choice of the cut-off fre- 
quency, f c . The latter, once chosen, automatically 
fixes the rate at which data transitions can be re- 
corded and this may be satisfactory so long as the 
input data rate to be recorded is specified in advance. 
However, as is more often the case, if the recording 
device is already provided and the designer wishes 
to determine the maximum digital recording rate or 
bit-packing density possible, it might take several 
attempts to discover the optimum choice of f c . 
Clearly, / b cannot be greater than the maximum fre- 
quency response of the recorder, otherwise equali- 
sation to obtain an "ideal" pulse shape would be 
impossible, but there may be a considerable range 
over which f c could lead to a practical transversal 
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Fig. 6 — Spectral characteristics illustrating the equal- 
isation process 

(a) amplitude and phase spectra of Nyquist (2) pulse 
withf c = 0.85 MHz. 

(b) SA W filter characteristics required to convert 
pulse shown in Fig. 5(a) to Nyquist (2) form. 

filter; the final choice probably being determined 
by signal-to-noise ratio considerations. 

The possibility was mentioned earlier, and it 
was indicated in Fig. 4, of using a second transversal 
filter to operate on P(t) to produce a separate output 
signal from which timing information might be 
extracted more efficiently than with a signal equal- 
ised for minimum inter-symbol interference. The 
design procedure for this second transversal filter 
would be similar to that of the first filter, however, 
once an optimum pulse shape for timing control has 
been established. 

4. SAW filter design 

The detailed design procedure used for the 
SAW transversal filters in this application was an 
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extension of a small computer program which had 
been developed for SAW i.f. band-pass filters. The 
procedure is based on the assumptions that the 
required filter response can be synthesised by ad- 
justing only the finger overlaps in the inter-digital 
transducers, and that each finger pair in the trans- 
ducer is substantially independent of its neighbours. 
Various small corrections are then applied iterative- 
ly, in an attempt to counteract any deviations from 
the required performance which arise in the experi- 
mental versions. 

Because the impulse responses involved typic- 
ally extend over an interval of several microseconds, 
the SAW filters required are often up to 20 mm in 
length using lithium niobate substrates, and the 
transducers may contain a hundred or more finger- 
pairs. It is essential, therefore, to use a split-finger 
geometry (as illustrated in Fig. lb) which has been 
shown 8 to be very effective in suppressing the un- 
wanted interaction between fingers due to reflected 
waves. 

Only one transducer is apodised, the other 
having a constant overlap (i.e. unapodised). The 
starting point is to choose the length. L. of the un- 
apodised transducer bearing in mind that its 
normalised frequency response is of the form 
(smnf L)/nf L where / is the frequency deviation 
from the centre frequency of the filter. This spectral 
factor is taken into account at the outset by multi- 
plying the required amplitude spectrum of the 
filter A"(f) (see Section 3.3), by the reciprocal factor 
7i/L/(sin nfL). The next stage is to compute the 
inverse Fourier transform of the modified spectral 
response, including the phase component <£"(/), 
and obtain the impulse response of the "ideal" 
apodised transducer. This inverse transform is part 
of the computer program which leads finally to the 
provision of a machine control tape for an automatic 
stepping camera*. 

In addition to a sampled version of the required 
amplitude and phase spectra of the transversal filter 
and the SAW substrate material, there are a number 
of other design parameters to be determined and 
input to the computer. The principal ones are: 

{a) centre frequency - this determines the basic 
widths and spacings of the fingers in the transducers. 
For the application discussed in this Report, a 
centre frequency of 27 MHz was selected for com- 
patibility with existing modem equipment; the 
corresponding spacing of the fingers using a lithium 
niobate substrate was about 64 /im. 

(b) truncation - theoretically, the ideal impulse 



response of a perfectly band-limiting filter is in- 
finitely long and therefore impossible to implement 
precisely. Truncation of the impulse response is re- 
quired in practical filters and there are well-known 
methods for doing this with the minimum distortion 
of the spectral characteristics of the filter. A "raised- 
cosine" truncation function is available in the SAW 
design program with provision for specifying the 
starting and finishing times of the function. Suitable 
truncation points are first estimated, usually near 
one of the "zeros" in the ideal impulse response, 
bearing in mind the maximum physical lengths of 
the substrate material and the need to keep the 
transducer length-to-width ratio as low as possible 
in order to avoid diffraction problems 9 . The com- 
puter program includes a second Fourier transform 
applied to the truncated version of the originally 
computed "ideal" transducer response and this 
enables the degree of distortion of the required filter 
response, which is introduced as a consequence of 
the truncation process, to be computed. 

(c) overlap weighting correction - the amount of 
overlap between successive fingers is first calculated 
on the assumption that an insignificant amount of 
energy is extracted from the acoustic wave which 
passes beneath. This assumption is not strictly valid 
and it is found that when a large number of fingers 
is involved in a transducer (sometimes several 
hundred are required) the amount of overlap needs 
to be systematically increased to compensate for the 
diminishing amplitude of the acoustic wave. An 
approximate correction is applied in the design 
program, based on an exponential weighting func- 
tion with the exponent proportional to the number 
of preceding fingers. 

(d) finger "thinning" - a more serious effect, which 
is manifest in transducers with a large number of 
fingers, is that of inter-reflections. Each conductive 
finger on the surface is a potential source of reflec- 
tions because of the discontinuity in the phase 
velocity of the acoustic wave at every dielectric/ 
metal boundary. These reflected waves can combine 
coherently with each other and with the wanted 
principal wave to produce interference and distor- 
tion of the intended filter characteristics. A large 
reduction of the effect is produced by using a split- 
finger geometry (see Fig. 1 b) with the useful property 
that successive reflections from similar boundaries 
are in antiphase and tend to cancel out at the centre 
frequency. However, if some spectral distortion is 
still found it may then be necessary to actually 
reduce the number of fingers. The program has 
provision for removing fingers at specified regular 
intervals from the transducer design if required. For 
example, every other finger-pair could be omitted, 
'thereby halving the number of fingers. Although 
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this withdrawal method eases the inter-reflection 
problem it can introduce a distortion of the overall 
response of the filter. 

(e) finger slew - the usual method for varying the 
finger overlaps in apodised transducers is to insert 
gaps in the conductive metal fingers (see Fig. lb). 
These gaps, although small, disturb a small portion 
of the propagating wavefront by diffraction and 
cause a local perturbation. In those filter designs 
where the overlap function (impulse response) goes 
through a zero value several times, there is a ten- 
tendency for a corresponding number of finger gaps 
to line up in tandem along the central axis of the 
propagating wave. The combined effect can then 
cause a more serious diffraction problem. This axial 
line-up can be avoided by introducing in the design 
a linear slew of the finger overlap function over the 
length of the apodised transducer. 

Having obtained a machine control tape, em- 
bodying the SAW filter design with one or more of 
the corrections applied, the constructional phase 
consists of making a mask, printing the mask pattern 
on the SAW substrate and then mounting ready for 
test. From the measured performance, unacceptable 
deviations from the required characteristics are de- 



termined and, usually, a slight modification of the 
design parameters can be introduced which will 
lead, on repeating the procedure, to an improved 
version. Fig. 7 shows a photograph of a SAW trans- 
versal filter and inset is an enlargement of a typical 
transducer pattern. 



5. Experimental work 

5.1 . Filter measurement 

Several versions of a SAW transversal filter 
were fabricated on a lithium niobate substrate and 
their principal characteristics were measured both 
directly and in conjunction with other equipment 
to assess their equalisation performance. Direct 
measurements of the amplitude spectra were carried 
out using a r.f. spectrum analyser (MI Type 2370) 
but, unfortunately, there was no equipment readily 
available for a corresponding direct measurement 
of the phase response. The impulse responses of the 
filters were measured by using a rectangular pulse 
generator as a source, with means for adjusting the 
pulse width in the range 0-50 ns and operating at 
a repetition frequency of about 100 kHz. The out- 
put of the filter was then displayed on an oscillo- 




Fig. 7 — An experimental SAW transversal filter mounted on metal holder. Inset is an enlargement showing the 

overlap weighting pattern of the apodised transducer 
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scope and the envelope of the display was used as 
an indication of the overall impulse response 
achieved. 

The pulse-shaping assessments involved pre- 
recording a regular sequence of fast input transitions 
at about 50 microsecond intervals and then com- 
paring, on a dual-beam oscilloscope, the raw pulses 
at the output of the replay amplifier with the pulses 
after passing through a modem incorporating the 
SAW filter under test. Photographs of the latter 
were also taken and compared with the theoretical 
pulse-shape required. 

The modem used was an adaptation of a circuit 
developed by the BBC Designs Department for 
delaying a composite television signal by precisely 
one line period. The original unit contained a quartz 
delay line, but this was omitted and provision made 
instead for inserting holders on which the SAW 
transversal filters were mounted. A block schematic 
of the circuit arrangement is shown in Fig. 8 and a 
photograph of the modem unit with a SAW filter 
inserted in Fig. 9. 

The modem has a bandwidth of about 6 MHz 
and uses a crystal-controlled oscillator to provide 
a carrier, at about 27 MHz, which is amplitude 
modulated (double-sideband) by the input signal 
to be filtered. A low depth of modulation (about 
20%) is used and, after passing through the SAW 
filter, the signal is demodulated by a simple, full- 
wave, envelope detector. Provision is made for 
automatic gain control of the r.f. carrier and for an 
overall gain adjustment. 

5.2. Results 

In a preliminary exercise, a SAW filter was 



designed and constructed in order to equalise an 
output pulse (see Fig. 2) typical of that obtained 
from metal recording heads in the early period 
(1972) of their development for a longitudinal digital 
recorder. The theoretical amplitude spectrum of the 
filter required to convert the typical output pulse to 
a Nyquist (2) form, with a first zero-crossing at one 
microsecond, is shown by the full line in Fig. 10 ; the 
measured amplitude response of the SAW filter is 
indicated by the triangular plot points. It will be 
seen from Fig. 10 that the peak response is not quite 
achieved and this is believed to be due to some 
spectral distortion caused by finger inter-reflections. 
This particular equalisation task was rather severe, 
requiring some 10 dB of "lift" towards the edge of 
the spectral band, and the number of fingers involved 
in the apodised transducer was about 270. Further 
evidence of finger interaction in the transducer is 
obtained from the actual impulse response of the 
filter, shown in Fig. 11. where the distortion of the 
trailing secondary lobes to the right of the main 
pulse can be seen. 

In subsequent experiments, signal equalisation 
for some higher-frequency metal recording heads 
was attempted. The raw output pulses from these 
heads were substantially narrower than in the initial 
work and the pulse-shaping task, to convert to the 
same Nyquist (2) pulses, was less severe. Moreover, 
a digital recorder using these improved heads was 
available for the experimental work. 

Fig. 1 2 is a photograph showing the pulse shape 
at the output of the replay amplifier (top trace) to- 
gether with its converted Nyquist (2) form at the 
output of the modem (bottom trace). A more de- 
tailed comparison of the con verted pulse shape with 
the Nyquist (2) aim-function is given in Fig. 13. 
where the solid line curve is the theoretical result 
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Fig. 8 — Arrangement of modulator/demodulator (modem) circuit for SAW transversal filters 
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Fig. 9 — The r.f. modulator /demodulator unit with SAW filter inserted 



and the plot points are measured values read off the 
oscilloscope traces. The agreement is seen to be 
fairly close, although there is slight degree of 
asymmetry in the "tails'" of the measured response. 

5.3. Superposition check 

A simple experiment was carried out in order 
to check the overall linearity of the digital recorder 
and thus confirm that it substantially obeyed the 
assumed pulse superposition law over the range of 
digital recording rates envisaged. Adherence to the 
superposition principle is an essential prerequisite 
for any pulse-shaping technique to be successfully 
applied to the suppression of inter-symbol inter- 
ference. The output pulses obtained corresponding 
to the positive-going and negative-going edges of a 
repetitive input pulse were measured for various 
widths of the input pulse, i.e. for various intervals 
of time between the pulse edges. Ideally the output 
waveform when the input pulse edges are separated 



by a small interval, W. should be the algebraic sura 
of the pulses obtained for isolated transitions, but 
with their peaks displaced by W. Fig. 14a shows the 
results obtained for an input pulse width, W, equal 
to 500 ns and Fig. 14b that for W = 250 ns. The 
solid line is the measured output and the circular 
plot points are values computed from the positive- 
going and negative-going isolated transitions. The 
agreement is seen to be close and confirms that 
superposition can be assumed. 



6. Conclusions 

The results of the work, so far, indicate that 
SAW transversal filters can be used to achieve fairly 
precise pulse shaping or signal equalisation in digital 
magnetic recording. SAW filters are inherently 
band-pass fdters designed to operate with centre 
frequencies typically in the range 15 to 500 MHz. 
Consequently, application to the equalisation of 



PH-241 



10 








10 



5 

frequency (MHz) 
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Fig. 10— Results of initial equalisation experiment 
using early metal recording heads 





Fig. 11 — Impulse response of an experimental SAW 
transversal filter for pulse shaping 



Fig. 12 — Pulse shaping using a SAW transversal 

filter arrangement 
{upper trace) raw output pulse from replay amplifier 
(lower trace) converted pulse at output of filter 
(Nyquist (2)). 



baseband signals requires the use of a modulator/ 
demodulator circuit. It has been demonstrated that 
a conventional asynchronous circuit arrangement 
using double-sideband amplitude modulation with 
a low depth of modulation, followed by simple en- 
velope detection, is quite satisfactory. However, a 
considerable amount of electronic circuitry is in- 
volved in this process, which rather offsets the 
simplicity of the SAW device itself. For this reason, 
application to multi-headed recorders, each head 
requiring a modem for equalisation, is less attractive 
than for single-head machines. Also, due to the rigid 
non-tunable nature of the device, those applications 
where the pulse-shapes to be equalised are expected 
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Fig. 13 — Comparison of theoretical and 

experimental Nyquist (2) pulses achieved 

using later metal recording heads 
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Fig. 14 — Results of superposition check 
(a) input pulse width. W = 500 ns (b) W = 250 ns. 



to vary significantly with time or from head to head 
could present a problem. 

There are some difficulties associated with the 
design of SAW filters when the transducer lengths 
are greater than about 12 mm or when more than 
about one hundred fingers are required for the 
apodised transducer, even if a split-finger geometry 
is used. This would tend to happen when the pulse 
to be equalised spreads over more than a few micro- 
seconds. Here finger "thinning" or withdrawal 
techniques can be used to advantage and a further 
investigation of these methods is suggested. Other- 
wise, the design of the filters is relatively straight- 
forward and Fourier transform methods operating 
on the required filter spectra are applicable. 



The results of a separate experiment to check 
the overall linearity of the digital recorder used for 
the pulse-shaping investigation have confirmed that 
pulse superposition is achieved. 
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